This paper presents the design and development of a pulse-width-modulated (PWM) power MOSFET-based audio amplifier. A natural sampled PWM switching strategy is implemented in the development of the amplifier to reduce its harmonic level and increase its efficiency. Power MOSFETs IRF510 are used as power switching devices of the amplifier. From the result obtained, it is found that the efficiency of the amplifier can be increased to more than 90%.
INTRODUCTION
In general, audio amplifiers are used widely in both entertainment and telecommunication industries to reproduce the required quality sound with amplification. Currently, the most common audio amplifiers available in the market can be categorised as class A, class B and class AB. Each class of the audio amplifier has its own weakness. For example, class A audio amplifier has poor efficiency, namely less than 25% while both class B and AB suffer from a crossover distortion problem [1, 2] . If the efficiency of the audio amplifier is poor, the amount of the heat dissipated by the amplifier is large. As a result many heat sinks have to be used to solve this problem which adds more cost to its production and increases its physical size. This paper will discuss the development of a P W M power MOSFET-based audio amplifier which can improve both its efficiency and audio quality.
DESIGN CONSIDERATIONS
The complete circuit diagram of the PWM power MOSFET-based audio amplifier is depicted in Figure 1 . The design is divided into five main parts namely a PWM modulator, a delay circuit, a power stage, a filter and a load. In general, the operation of the amplifier is as follows. An audio signal which is a modulating signal or a sinusoidal wave is added to a carrier waveform namely a triangular wave at an adder. The output of the adder is applied to a level sensitive switch. The output of the level sensitive switch is a pulse width modulated pulse train. This output is used to drive the power MOSFET devices via a delay circuit. The output of the delay circuit is amplified to a required value before it can be used to drive the power MOSFET devices. In order to recover the audio signal, a low-pass filter is connected between an output stage and a load. Finally, the original audio signal appears across the load.
PWM modulator circuit
As shown in Figure 1 , the PWM modulator circuit consists of a pre-amplifier, a triangular waveform generator, an audio signal generator, impedance matching circuits, an adder and a level sensitive switch. A natural sampling technique is used to generate the PWM waveform. The generation of the P W M waveform is illustrated in Figure 2 . It can be observed that the sinusoidal modulating wave is compared directly with the triangular carrier wave to determine the switching instants, and therefore the resultant pulse widths. As shown in Figure 1 the triangular waveform is generated using an integrated circuit ICL8038 precision waveform generator. The frequency of the triangular waveform used in this amplifier is 119kHz and its experimental waveform is shown in Figure 3. 0-7803-4971-7/98/$10.00 01998 IEEE
Pre-amplifier circuit
The purpose of the pre-amplifier is to amplify the incoming audio signal or the sinusoidal waveform. Its circuit diagram is shown in Figure 1. 
Impedance matching circuit
The purpose of the impedance matching is to reduce the loading effect problem. As depicted in Figure 1 , two circuits are designed for this purpose. The first impedance matching circuit is located between the triangular wave generator and adder. The second one is located between the pre-amplifier and the adder.
Adder circuit
The purpose of the circuit is to,add two waveforms namely the carrier waveform and the audio signal together before it can be applied to the level sensitive switch to produce the PWM signal. Its circuit diagram is shown in Figure 1 . The experimental results of the input sine wave and the output of the adder circuit are depicted in Figure 4 .
Level sensitive switch circuit
The purpose of the level sensitive switch circuit is to produce the PWM signal. The output of this circuit should be at 50% duty cycle when there is no audio signal. The experimental results of the adder and level sensitive switch circuits are shown in Figure 5 . Its circuit diagram is shown in Figure 1 .
Delay circuit
The common problem that appears during the operation of a push pull configuration as a power stage is "shoot through". This problem occurs when this configuration is working in switched mode. In the ideal case of the switched mode operation, the high efficiency is achieved by operating the transistor as power switches so that they are fully on, when the voltage across them is low, or fully off when the current through them is very low. In each of this cases, the power dissipated in the transistor is very low provided that they are switched rapidly between states.
During the commutation of the two switching devices, one device is being turned off while the other is being turned on. As a result, a short circuit occurs and the power dissipates in the transistors for a short period. The efficiency is reduced by this effect. In order to overcome this problem, a delay circuit is used. The objective of the delay circuit is to make sure that the switching device is turned off completely before the next one is turned on. As shown in Figure 1 , the delay circuit consists of four integrated circuits namely an inverting buffer EF4049B, a monostable SN74LS123, an inverter 74F04 and an OR gate 74F32. The function of the inverting buffer is to convert logic levels of up to 15V to standard TTL levels. The monostable is used to control the delay time. The objective of the inverter is to invert the signal and the function of the OR gate is to give OR logic operation to the incoming signal. The output pulse width of the monostable can be determine by:
where tw = pulse width in nanoseconds K = multiplier factor Clz = External capacitor, pF PI6 = Timing resistance, kl;z.
The experimental results of the delay circuit and level sensitive switch is depicted in Figure 6 .
I 2.3 Power MOSFET drive circuit
The switching devices used in the PWM audio amplifier are two IRF5 10 power MOSFET transistors. When designing with a power MOSFET, it is important that the ratings are not exceeded. The leads to the power MOSI3T should be kept short, in order to reduce the parasitic oscillation. If a long gate lead is needed, the parasitic oscillation can be reduced by either stringing a ferrite bead near the gate or by placing a small value of resistance in series with the gate. The typical value is from 20 to 50 ohms. An open collector TTL is utilised to drive the power MOSFET transistors. The circuit diagram of the driver is shown in Figure 1 . The IC used in this drive circuit is 7417 driver. The voltage supplied to the gate of the power MOSFET can be controlled by varying the supply voltage V,. It can supply voltages up to 15 volts to the gate of the power MOSFET. The experimental result of the drive circuit output is depicted in Figure 7 .
Power stage circuit
The diagram of a power stage circuit is shown in Figure 1 . The power stage is designed to operate at 20V. The switching devices used are two IRF510 power MOSFET transistors. The configuration shown in Figure 1 is a totem pole circuit with bootstrap.
When the PWM input signal is applied to the gate of T6 with a positive pulse, T6 turns on and the base of T7
is pulled down and diode D1 clamps the gate of T8 to ground the low RDs(,,") of T6 which guarantees that neither T7 nor T8 are on. Tg is on when the positive pulse is applied to its gate. Both T6 and Tg are off when a low level signal is applied to its gate. When T6 is off, both T7 and Ts are on. The bootstrapped emitter follower consisting of T7, Rm, C15, D1 and Dz provides the high level signal required to properly drive Ts. High speed diodes, D1 and Dz are used to speed up the switching of the totem pole line driver. Resistors Rzl and Rzz are used to limit the peak current supplied by T7 and the input driving source, respectively. The action of T6 is improved by using a gate speed up circuit. The components are C14 and variable resistor p21.
The purpose of the Schottky barrier diodes D3 and D4 is to limit inductive transients which occur during the switching process. In addition, diode D3 provides a mechanism for sinking current which would otherwise flow into the source of the upper MOSFET. Both C19
and Cm are used to assure an adequate frequency response characteristics and to minimise switching transients on the power supply line. The experimental result of the power stage circuit is shown in Figure 8. 
2.4
Filter A low-pass filter is used to remove unwanted high frequencies. Its circuit diagram is depicted in Figure 1 . The filter is designed such that the carrier and its associated harmonics and sidebands are significantly attenuated without reducing the amplitude of the desired signal component. A fourth order Butterworth approximation was adopted for this filter. The experimental results of an input signal of IlrHz, a modulation index (M) of 0.75 and an output signal of the filter are shown in Figure 9 .
Load
For convenience during testing, when the input signal used was a sine wave, the load used was a loa resistor. Under normal signal operation of speech and music, a loudspeaker of 8S2 nominal voice coil impedance was and should be used.
AMPLIFIER PERFORMANCE
The efficiency of the amplifier is calcdated by using Eq. 2.
The measurement of total harmonic distortion(THD) is a convenient and quick way of assessing the divergence of an output sine wave from an amplifier from its sine wave input. It is used as a yardstick to compare the linearity of a transfer function of one amplifier to another. THD = (CV,2)0.5N, Eq. 5 where; VI = rms value of the fundamental component.
V, = rms value of the nth. harmonic component.
The values of VI and V, of the input signal can be obtained from the spectral response displayed on the spectrum analyser. Eq. 5 is used to calculate the total harmonic distortion of the signal.
CONCLUSION
A switched mode PWM audio power amplifier using power MOSFET transistors as switching devices was designed, constructed and tested. The performance of the amplifier was studied and analysed. The amplifier was tested at different levels of modulation indexes namely 0.25,0.50 and 0.75.
From the experiment it was found that the highest modulation index that could be achieved was 0.75. The output waveform was distorted when the modulation index was increased above this level. This was due to the fact that the circuit had some hysteresis problem. The situation deteriorated even further if the load was appreciably inductive. The recorded power output would be significantly increased if a greater depth of modulation could have been achieved.
The efficiency of the amplifier could be improved by paralleling output transistors, by using low RDs(on) power MOSFETs as switching devices typically less than lohm, by operating the output stage at higher power levels or by using a delay circuit to minimise power dissipation during switching. The highest efficiency attainable by using IRF5 10 MOSFETs as power switches was 94% at 0.75 modulation index. Good linearity was achieved by the amplifier.
The harmonic distortion was quite low. For example at IlrHz, at M = 0.75, V , , = 20V, the total harmonic distortion is 1.68%. This comparable with high quality analogue amplifier when used on an open loop. The harmonic distortion can be improved by using negative feedback to the audio input of the PWM comparator. Despite a diligent search, crossover distortion appeared to be totally absent. On subjective testing with a variety of types of music, the amplifier have good performance compared favourably with it analogue counterpart. 
